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treatment of cancer [9], emit a very weak fluorescence (a
quantum yield of 2.1 X 1073} in the wavelength region from
600 to 700 nm. A continuous train of excitation pulses at 570
nm, to avoid photodegradation due to irradiation around 400
nm, is focussed by a lens into the sample cell containing the
circulating HpD dye solution. The line of focus is directed just
inside the output face of the.cell to minimize any reabsorption
of the fluorescence. The fluorescence band from the porphyrins
is cfficicntly sclected by using an interference filter which
eliminates the excitation radiation at 570 nm. The flaorescence
at 90° with respect to the input direction is focussed on the
input slit (slit width ~20 um) of the streak camera by a lens
after passing through a polarizer set at 55° and the filter.
‘When the gain of the MCP has been set at maximum, the
decaying fluorescence profilesthave been observed on the TV
monitor, as shown in Fig. 3. From the decay, a fluorescence
lifetime of HpD in PBS has been determined to be 239 ps. It
is found from the comparison with a fluorescence lifetime
ohtained hy calculatians for a similar metal-free porphyrin
{10] that the measured value appears to be reasonable.

CONCLUSION

A compact synchroscan streak camera has been developed,
and it has been shown by measuring durations of pulses from

the HML CW dye laser that its overall time resolution is 10.8
and 25.9 ps for ~160 and ~108 superimpositions, respectively,
In additjon, it has been demonstrated that the camera system
is useful for observing a very fast and weak fluorescence profile
of a biomolecule.
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The Measurement and Deconvolution of Time
Jitter in Equivalent-Time Waveform Samplers

WILLIAM L. GANS, MEMBER, IEEE

Abstract—The presence of time jitter between the trigger signal
and the sampling strobe in an equivaleni-time sampling oscilloscope
can causé appreciable distortion of the recorded waveform, Under
additive signal averaging conditions, a method has been developed to
reduce this distortion. The inethod consists essentially of deconvolving
a jitter-related effective impulse response from the recorded waveform
data. :

I. INTRODUCTION

HE NBS Electromagnetic Waveform Metrology Group’s
Automatic Pulse Measurement System (APMS) is the
primary system used for repetitive waveform measurements
and calibrations in the time epoch range of 100 ps to 1 us
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[1]-I3]. 1t consists of a wide-band (dc—18-GHz) equiva-
lent-time sampling oscilloscope interfaced to a minicomputer
system via a 14-bit D/A and A/D converter unit. The inter-
facing of these three units is such that fast pulse waveforms
may be acquired on the sampling oscilloscope and recorded
into the minicomputer memory, usually as Fortran arrays, for
subsequent processing and analysis.

As with any measurement system, it is of great interest to
be able to deconvolve (or otherwise remove) the distorting
effects of that system from the measurement. In 1976, Riad
and Nahman developed a time-domain impulse response model
for the APMS sampling oscilloscope [4], [5] and in 1979,
Guillaume and Nahman devised a numerical deconvolution
technique for pulse waveform data [61, [7]. Together, these
two accomplishments permitted the deconvolution of the dis-
torting effects of the wide-band sampling system from the
measured recordings of fast pulse waveforms.

U.S. Government work not protected by U.S. copyright
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However, there remains one large source of measured
veform distortion in the APMS; namely, that caused by the
dom jitter between the sampling oscilloscope trigger signal
the sampling command strobe itself. As was shown in [1]
[2], the net result of additive signal averaging in the
ence of timing jitter is equivalent to adding a low-pass filter
o the signal channel, smoothing and spreading out the faster
ortions of the waveform. The effect of timing jitter, then, may
thought of as equivalent to the series addition into the
deled APMS measurement channel of a filter network
hich causes the same waveform measurement distortion as

10deling or measuring an effective jitter-related time-domain
Jmpulse response function and then using the deconvolution
{algorithm of Nahman and Guillaume to remove the Jitter-
irelated distortion from the recorded waveform data.

Section II of this paper deals with the concept and theory
of the jitter deconvolution technique. The results of some
‘tomputer simulation studies are presented as Section IIL.
E%ection 1V contains some conclusions and directions for future
Swork.

II. CONCEPT AND THEORY
4. APMS Description

The APMS, made up essentially of a minicomputer system,
@ 14-bit D/A-A/D unit, a wide-band sampling oscilloscope,
ind necessary interface circuitry, is shown in block diagram
form in Fig. 1. Briefly, the system acquires and records
yaveform dala in the following manner. Under program
ntrol, the computer sends a 14-bit digital word to the D/A
nverter. The analog voltage (0 to'5 V) corresponding to this
igital word is sent to the sampling oscilloscope time axis cir-
buitry where it controls the time at which the next voltage
ample will occur. Zero volts will cause 2 sample to occur-at
;e leftmost sampling oscilloscope CRT graticule line while
V (full scale) will cause a sample to occur at the rightmost
raticule line. Thus the computer-D/A-sampling oscilloscope
lircuitry may be thought of as a digital oscilloscope sweep
fenerator. :

-Once the time axis has been set by the D/A, the sampling
scilloscope trigger circuitry is eriabled and the next available
Tigger signal is permitted to cause a voltage sample to be taken
2 the wide-band sampling head. This voltage sample is then
sonverted into a 14-bit digital word by the A /D converter and
ttored in the computer core memory. .
© By sequentially stepping the D/A converter from Oto 5 v,
omplete digital waveform may be recorded up to 2 maxi-
num of 16 384 equally spaced time points (214 points for a
14-bit D/A converter). Similarly, the voltage axis resolution
[also 1 part in 16 384 yielding 2 maximum system dynamic
tange of about 84 dBV. :

The useful time windows available for waveform recording
§ith the APMS vary from 100 psto 1 usin a 1-2-5 sequence.
;;he useful voltage input windows, with no external gain or
ttenuation, vary from 20 mV to 1 V, again in a 1-2-5 se-
zilence. The maximum trigger rate, under computer control,
japproximately 7 kHz. It should be noted that only repetitive
faveforms may be measured with equivalent time samplers
bch as that employed in the APMS because only one voltage

jitter. The method described in this paper consists of -
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Fig. 1. Block diagram of NBS Automatic Pulse Measurement System
(APMS). .

sample is acquired for each occurrence of the waveform being
measured.

B. Deconpolution Algorithm Description

Although the generalized subject of deconvolution is much
too lengthy to'be addressed in this paper, a short description
of the Nahman-Guillaume algorithm s included here for
completeness. For the discrete (digital) case, given a linear
time-invariant system with an N-point time-domain impulse
Iesponse sequence

h(k), k=0,1,2,-;- ,N—-1

and given a system input signal sequence and systein output
signal sequence,

x(k), k=0,1,2,,N—1

and
y(k)9 k=09 1123'..,N_1

respectively, then these three discrete functions are related by
the well-known convolution summation

k) = fox(i)h(k'—j), k=0,1,2,N=1 (1)
j= .

Solving (1) for cither x(k) or h(k) is the deconvolution
problem and, for x(k), may be written

x(k) = L

. k=1 . 1
ho) PO~ L, ¥ Ak ,)]_,

k=0,1,2,+- ,N—1
where 2(0) s=0. o : ’ )

In general, (2) is an ill-conditioned problem with no unique
solution. Attempts to directly solve (2) for x(k), say by back
substitution techniques, usually lead to solutions that diverge,
expecially when the y(k) and/or h(k) data are inexact such
as-in the presence of noise.

The method developed by Nahman and Guillaume is es-
sentially a frequency-domain filtering technique. By taking
the discrete Fourier transforms of the two known sequences

h(k) and p(k), the frequency-domain solution for X(r) he-
comes

)

() = X0 = e N=1
Xmy=goy’ P=OL2LN-1 ()
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and the time-domain solution, x(k), is simply the inverse dis-
crete Fourier transform of X(n). Usually, however, similarly
t0.(2), the solution of (3) is un‘stable and divergen't

la_ume added a ,t‘requency-_d_omém ﬁlterlng term, R(n), that
they refer to as a regularization operator. Thus (3) becomes

Y(n)

KO =y * @
-where R(n) is given by
R(n) = [H@m)|2. )

[HWPE + )

IC(n)I2 is the squared magnitude of the discrete Fourier

‘transform of the second difference operator and may be
written

2wn 4mn

2=6~8 +2cos || »

fcm)| cos(N) C_QS(N)

n=0,1,2---,N—1. (6)

« is called the regularization paramcter, its value is adjusted
to yield the “best” answer for x(k), the inverse discrete Fourier
transform of X(n). With v = 0, no filtering occurs. As-y is
increased, more and more filtering occurs, particularly at
higher frequencies. In general, too little filtering yields a noisy,
unstable result for x(k) while too much filtering causes ex-
cessive distortion of the true x(k) waveform. The trick is to
choose a value of ¥ which lies between the two extremes to
provide the best (subjective) solution.

In their experiments, Nahman and Guillaume discovered
that for values of 7y that appeared to yield the best solutions
it happened that the rms value of the imaginary part of x(k)
passed through a minimum. Thus it is possible to provide an
automatic stopping criterion in the deconvolution program.
Solutions are simply iterated for increasing v until the
above-mentioned minimum is found. It is by no means clear
at this time that this stopping criterion is the optimum choice
and investigation of this problem is still being conducted. (The
deconvolutions reported in this work were performed using this
criterion.) ’

C. Jitter Deconvolution Technigue

With the availability of the deconvolution algorithm it be-
comes possible to remove {mostly) the effects of time jitter
from the measured, signal-averaged waveform.data. Fig. 2 is
a photograph of a singlc 1024-point sweep showing the effects
of time jitter on recorded fast pulse waveforms. In this case,
the waveform is from a tunnel diode pulse generator with a 10-
t0 90-percent transition duration of approximately 20 ps and
an amplitude of about 250 mV into 50 . The predominant
noise in this recording is due to time jitter as may be deduced
from the fact that the sample dispersion is greatest in the
~ waveform regions where the slope is greatest; where the
waveform slope is zero or nearly zerothe sample dispersion is
much less.

In the APMS there are really two sources of noise that must
be considered. The first is voltage or y-axis noise present in the

sampling oscilloscope vertical channel. The second, considered

[Y?ltazc +

1024-pomt smglc sweep of a tunnel diode pulse generator showmg
the effects of time jitter. Time window is 50 ps and'voltage window is 500

Fig. 2.

mV.

Y-CHARNEL NOISE
(a)

— == X-AXIS JITTER

!

VOLTAGE

(®
Modeled ramp waveform illustrating the effects of (a) y-axis
voltage noise and (b) x-axis time jitter noise.

Fig. 3.

here to be statistically orthogonal and independent of the first,
is the time or x-axis jitter noise. Fig. 3(a) and (b) shows the
different effects that these two noises have on a modeled re-
cording of a ramp waveform.

Clearly, if the y-axis noise process is stationary with a zero
mean about the voltage value of the measured function, then
the additive averaging of a very large number of samples at

each sampling time point will eventually permit convergence

to the true value of the measured function, i.e.,

N_m { Z [Ua(t) + v](t)]} =p,(8) N
where v,(f) is the true value of the measured finction at time
t, v; is the added y-axis noise component of the jth sample
taken at time ¢, and IV is the total number of samples additively .
averaged,

Such is'not the case, however, with time jitter. For a sta-
tionary jitter process, additive signal averaging will eventually
converge to-a smooth estimate of the measured waveform, as
with the y-axis noise case, but unlike the y-axis noise averag-
ing, the resulting waveform estimate will be quite distorted.
Fig. 4 is a modeled illustration of the effects of additive signal
averaging in the presence of time jitter only. The true measured
waveform in this illustration is a triangular pulse but the sig-
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F‘:g 4. Modeled illustration of the effects of time jitter alone. Triangular
. pulse, sampled and additively averaged, would result in a smoothed, dis-
torted recorded waveform.
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ig. 5. Graphical illustration of the mode} and technique for finding p(x)
and p(y) from p(z) and 8§ on a modeled ramp function.

nal-averaged recorded waveform will look something like the
smooth, distorted wavetorm superimposed. The problem, then,
is to-somehow recover the true waveform from the distorted,
measured waveform data.

Fig. 5 is a graphical representation of how this ‘may be done.
For the modeled ramp waveform shown, with the ramp portion
of the waveform lying at an angle # to the abscissa, voltage
samples are acquired nominally as near as possible to the
vertical center of the ramp. These samples, in the presence of
both y-axis noise and x-axis jitter, will be randomly distributed
and will be a function of both noise processes. In particular,
each acquired sample can be written

Um () = va(1) + v (2) + 'vy(t) (3)

where v,,,(¢) is the meésured voltage sample vaiue v, (1) it the
actual (true) value of the ramp at that time point, v, (¢) is the
addcd vertical noise component for that sample, and v, (f) is
the difference in the ramp voltage due to the fact that the time
jitter really caused the sample to be taken at a different point
in time than the presupposed one.

These sample observations may be thought of as observa-
tions of a random variable Z which, in turn, is the sum of two
random variables ¥ and a function of X. Since the voltage
Samplcs perturbed only by the x-axis jitter will always lie oni
the true waveform (the ramp in this illustration) then the ob-
served random samples will be of the random variable X tan
A, Z then can be expressed as

Z=Y+Xtanf

where Z, ¥, and X are all random variables [1], [2].
The objective at this point is to find the Probability Density

(9)
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Fig. 6. (a) Test waveform consisting of the summation of first 64 Fourier
harmonics of a 2-V, 0.1-s rectangular pulse. Vertical scale is 300 mV/
division and horizontal scale is 0.1 s/division, (b) Spectrum magnitude of
(a) Vertical scale is 28 dB/division (top line = 0 dB) and horizontal scale
is 25.6 Hz/division.

Function (PDF) for X, px(x), and, treating it as an effective,
Jitter-related impulse response, deconvolve it from the re-
corded, signal-averaged waveform.

For the sum of two independent random variables, it may
be shown [7] that

pz(z) = pr(y) * p(x tan §)
where the * denotes the convolution operation. Also it may be
shown [8] that variables may be changed such that
1
d(x tan 8)

plx tanf) = e

px(x)

or
Px(x) = p(x-tan @) tan 4. (10)

Therefore, by measuring pz(z), 8, and py(y) (the latter

‘being measured with either no applied signal or on a zero-slope

portion of the measured signal), p(x) may be estimated. The
steps for the estimation of px(x) are as follows:

a) measure the histogram for pz(z)

b) measure the histogram for py(3)

c) deconvolve py(y) from pz(z) to yield p(x tan )
c) caleulate px(x) from p(x tan 6) using (10).

In the case where the slope of the true function is not constant
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—it
(a)- Fig. 8. Typlcal test waveform w1th apphed txme _utter Vemcal scale is
e 300-mV /division-and horizontal scale is 0.1 s/division.
N\, —
-
- .
(b)

Fig. 7. (a) Gaussian probability density function/impulse response. Vertical
scaleis 1.2 X 10%s~1 /division and horizontal scale is 0.1 s/division. Stan-
dard deviaiton (o) is 0.005 5. (b) Spectrum magnitude of (a). Vertical scale
is 20 dB/division (top line = 0 dB) and honzontal scale s 25.6 Hz/divi-
sion.

in the neighborhood of the measurement of pz(z), 2 linear least
squares curve fit through the nominal time sampling point may
be used to correct the p»(z) data.

Once px(x) has been estimated, it then can be deconvolved
from the previously recorded, signal-averaged waveform to
yield an estimate of the true waveshape with the disturbing
effects of the time jitter effectively removed.

11, COMPUTER SIMULATIONS

In order to establish the efficacy of this deconvolution ap-
proach to rémoving the distorting effects of time jitter from
measured ‘waveform data, a set of computer simulation ex-
periments was performed. The approach used was to generate
512-point test waveforms in the computer, create jittery ver-
sions of the test waveform using a random rumber generator
with a known PDF, additively average the jittery test wave-
forms, deconvolve the jittery averaged waveform from the
512-point PDF function, and then compare the result with the
original test function. _

Fig. 6(a) is a plot of one of the test waveforms-used, in this
case the sum of the first 64 Fourier harmonics of a 2-V, 0.1-5
rectangular pulse in a 1-s time window. Fig. 6(b) is a plot of
the discrete Fourier spectrum magnitude of this test function.
Test functions, band-limited such as this, were chosen to
minimize the adverse effects of aliasing when performing the
fast Fourier transforms in the deconvolution algorithm.

@

(b)

Fig. 9. (a) 100 additive averages.of time-jittered test waveforms. Vertical
scale.is 300 mV /division and horizontal scale is 0.1 s/division. (b) Spectrum
magnitude of () with vertical scale of 20 dB/division (top line= 0 dB) and
‘horizontal scale of 25.6 Hz/division.

Fig. 7 is a plot of the x-axis jitter PDF used in this particular
experiment, This PDF is a Gaussian (normal) PDF with a
standard deviation ¢ of 0.005 s. Its amplitude has been nor-
malized to fit the requirements of being both a PDF and an
impulse response, i.e., its integral over the time window equals
1. Fig. 7(b) is a plot of the discrete Fourier spectrum magn‘i-
tude of this PDF.

Next, the test function of Fig. 6(a) ‘was corrupted with time
jitter. The random numbers causing this jitter were generated
from a nonrepeating Gaussian random number generator with
¢ also set t00.005 s. The jittered waveforms were produced by
changing the index of each test function sample point ran-
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iFig. 10. (a) Deconvolution of waveforms shown:in Figs. 7(a) and 9(a).
“Vertical scale is 300 mV /division and hofizontal scale is 0.1.s/division. (b)
_Spectrum magnitude of (a). Vertical scale is 20 dB/division (top line = 0
dB) and horizontal scale is 25.6 Hz /division.

mly. For example, in a given run, the value of ¥ (148) might
o substituted by the value of ¥ (157). Fig. 8 is a plot of one
ch jittered version of the test waveform.
The next step was to add up and average N such jittery
veforms to simulate the additive averaging performed on
APMS. Trials of N = 100, 1000, and 10 000 were at-
mpted in order to observe the effects of varying the number
f averages. : .
_Fig. 9(a) is a plot of 100 averages of the jittered test func-
tion. This plot is fairly smooth but appears to be quite different
rom the original test function of Fig. 6(a). Fig. 9(b) is a plot
the spectrum magnitude of this averaged jittered test
veform and again, appears quite different from the original
‘est waveform spectrum of Fig. 6(b).
Fig. 10(a) is a plot of the deconvolution of the Gaussian
ective impulse response of Fig. 7(a) and the averaged, jit-
ed test waveform of Fig. 9(a). Fig. 10(b) is a plot of the
pectrum magnitude of this deconvolved result. If the jitter
leconvolution had worked perfectly then the two waveforms
Of Figs. 6(a)-and 10(a) would be identical. Fig. 11 isa plot of
the point-by-point error difference between the two waveforms
pressed as a percentage of the 2-V nominal original pulse
implitude. As shown, the peak error exceeds 10 percent.
Repeating the same experiment but with N equal to 1000
verages, the averaged jittered waveform of Fig. 12 results.
‘Deconvolving this waveform and the Gaussian PDF yields the
sstimated true waveform shown in Fig. 13. The error difference

Fig. H ‘Point-by-point esror difference between v}aveféms éﬁoﬁn in Hgs.
. 6(2) and 10(a). Vertical scaleis 2 percent (of 2 V) /division and horizontal
scale is 0.1 s/division.

Fig. 12. 1000 additive averages of time-jittered test waveforms. Vertical
scale is 300 mV /division and horizontal scale is 0.1 s/division.

Fig. 13, .Deoonvoluﬁdn ,o}‘ waveforms shown m Figs?(a) and li .Vcni-
cal scale is 300 mV /division and horizontal scale is 0.1 s/division.

between the original test waveform and the deconvolved esti-
mate is shown in Fig. 14. For 1000 averages, the peak error has
dropped to approximately 4 percent.

By setting N equal to 10 000 averages the averaged, dis-
torted waveform of Fig. 15(a) results, Its spectrum magnitude
is shown in Fig. 15(b). After jitter deconvolution, the true
waveform estimate of Fig. 16(a) results and its spectrum
magnitude s shown in Fig. 16(b). The comparison of Figs, 6(a)
and 16(a) (or Figs. 6(b) and 16(b)) indicate a close agreement
between the two. Fig. 17, a plot of the error difference-of these
two waveforms, bears out this agreement, exhibiting a peak
error difference of only 2 percent.
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Fig. 14. v Point-by-point error difference between waveforms vshqwn in Figs.
'6(2).and 13. Vertical scale is 2 percent (of 2 V)/division and horizontal scale
is 0.1 s/division.

@

@

YV WA A VY

: {b)

Fig. 16. (a) Deconvolution of waveforms shown in Figs. 7(a) and 15(a).
Vertical scale is 300 mV /division and horizontal scale is 0.1 s/division. (b)
Spectrum magnitude of (a). Vertical scale is 20 dB/division (top line = 0
dB) and horizontal scale is 25.6 Hz/division.

,‘ D
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— ——5 . B

Fig. 15. (a) 10000 additive averages of time-jittered test waveforms. Vertical
scale is 300 mV /division and horizontal scale is 0.1 s/division. (b) Spectrum
magnitude of {a). Vertical scale of 20 dB/division (top line = 0 dB) and
horizontal scale of 25.6 Hz/division.

To set a bound on how well this technique could be expected
to work, another experiment was performed. The test wave-
form of Fig. 6(a) was convolved directly in the time domain,
using (1), with the Gaussian jitter function of Fig. 7(a). “This
result was then deconyolved from the jitter function of Fig. 7(a)

“using the Nahman-Guillaume algorithm. When the resulting
test fuinction was compared to the original test function of Fig.
6(a), the point-by-point error difference of Fig. 18 resulted.
Except for some small errors at the time window extremes due

1o leakage errors in the fast Fourier transform, this experiment-

appears to indicate that much smaller errors than those ob-
served in Fig, 17 are achievable.

Fig. 17.  Point-by-point error difference between waveforms shown m Figs.

‘6(a) and 15(a). Vertical scale is 2 percent (of 2 V) /division and horizontal
scale is 0.1 s/division.

After completing many sets of computer simulation ex-
periments such as the one described above, it became apparent
that the success or failure of the jitter-deconvolution technique
is a function of several variables. The test waveforin band-
width, the effective jitter-related impulse response bandwidth,
the nurber of jittery sighal additive averages, and the number
precision of the computer (in this case approximately 6 decirhal
digits) all play a role in determining how well the original test
signal may be recovered. As an approximate rule of thumb,
it was observed that good results were obtained, with large
numbers of additive averages, as long as the spectrum of the
jitter-related impulse response was no greater than 30 dB
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Fig. 18 Pomt-by pomt dxffercnce between test waveform of Fig. 6(a) and

- the same-waveform convolved and then deconvolved from Gaussian jitter
function of Fig. 7(a). Vertical scalé is 2 percent (of 2 V)/division and
‘horizontal scale Is 0.1 s/division.

oclow its fundamental. spectrum magmtude at the frequency
at which the test wavcfux m’s spectral envegy beéomes negli-

bly small. Also, it was noted that unstable results were oc-
sionally observed when the number of additive signal aver-
ages was less than 500.

IV. CONCLUSIONS

A method has been described for removal of the distorting
ffects of time jittér present in equivalént-time waveform
;amp‘lers This method involves determining the PDF of the
time axis jitter, treating that PDF as a time-domain impulse
tesponse, and deconvolving it from the recorded, addltlvcly
eraged waveform of interest. As long as the jitter is not ex-
gessive and as long as a sufficient number of additive signal
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averages are acquired, peak errors of less than =2 percent may
be realized. The techiniques described in this paper may also
be used for only the measurement of jitter-related noise pa-
rameters, such as the rms jitter within fast logic gates, for
example.

Efforts are continuing at NBS 1o refine the method and- 10

identify more exactly the sources of error and the various pa-

rameter regions of convergence. Additional work also remains
in the area of obtaining measured PDL’s on the APMS under
various samipling oscilloscope triggering conditions.
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